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1 . (currently amended) A method for p^cessing audio signals generated by an array of two 
or more microphones, comprising the steps of: 

(a) filtering the audio signal from each ^icrophone to generate a processed audio signal for 
each microphone; and 

(b) combining the processed audio sigAals in a nonlinear manner to form an acoustic beam 
that focuses the array on one or more desired regicps in space[t^; and (b)]] by performing nonlinear signal 
estimation processing on the processed audio signals from the microphones to generate an output signal 



for the array, wherein the nonlinear signal estimat 
at an unknown location outside of the one or more 

2. (original) The invention of claim 
scaling the audio signal from each microphone. 



on processing discriminates against noise originating 
desired regions. 

1 , wherein step (a) comprises the step of delaying and 



3. (original) The invention of clairrj 1, wherein step (a) comprises the step of applying a 
digital filter corresponding to the inverse of each pansfer function from a desired focal point to each 
microphone to compensate for reverberation in a /volume containing the array. 

4. (original) The invention of claim 1, wherein the output signal is processed in a feedback 
loop to generate control signals that adjust the ninlinear signal estimation processing of step (b), 

5. (original) The invention of clailn 4, wherein the control signals adjust weights applied to 
the processed audio signals during the nonlinear signal estimation processing of step (b). 



6. (original) The invention of claim 
based on a ratio of power in a speech band to 
signal. 



5, wherein a weight for each processed audio signal is 
p(}wer outside the speech band for the processed audio 



7. (original) The invention of clailm 4, wherein the output signal is processed in another 
feedback loop to generate other control signals hat adjust the filtering of step (a) to attempt to match 
each of the processed audio signals. 

8. (original) The invention of claim 1, wherein the output signal is processed in a feedback 
loop to generate control signals that adjust the f Itering of step (a). 

9. (original) The invention of clailm 1, wherein the filtering of step (a) is dynamically 
adjusted to attempt to match each of the processed audio signals. 

10. (original) The invention of clai m 9, wherein the filtering of step (a) is dynamically 
adjusted to attempt to match each of the processed audio signals in amplitude and phase to each other and 
to the output signal. 

11. (original) The invention of claiiti 1, wherein the nonlinear signal estimation processing 
picks a representative, central value from the pre cessed audio signals, by altering at least one extreme 
value from at least one of the processed audio sij;nals. 

12. (original) The invention of claii ill, wherein the nonlinear signal estimation processing 
comprises the step of selecting the representative \ central value as a median of the processed audio 
signals. 
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1 3 . (original) The invention of claftm 1 1 , wherein the nonlinear signal estimation processing 
comprises the steps of: / 

(1) adjusting the magnitude of onfe or more of at least one of the highest and lowest values of 
the processed audio signals to generate a set df adjusted audio signals; and 

(2) selecting the representative, pentral value as a median or average of the adjusted audio 

signals. 



14. (original) The invention of 
step (1) comprises the steps of: 

(i) adjusting the value 
value, where w is a non-negative integer; an< 

(ii) adjusting the value 
value, where w is a non-negative integer; and 

step (2) comprises the step of selecting the representative, central value as an average of the 
processed audio signals. 



:laim 13, wherein: 

)f the n highest values down to match the (/z+1)* highest data 
3f the m lowest values up to match the (w+l)^ lowest data 



17, 



15. (original) The invention of claim 14, wherein the average is a weighted average. 

16. (original) The invention of|claim 11, wherein the nonlinear signal estimation processing 
comprises the steps of: 

(1) dropping one or more of thd highest and lowest values of the processed audio signals to 
generate a set of adjusted audio signals; and 

(2) selecting the representative 



central value as an average of the adjusted audio signals, 
(original) The invention of claim 16, wherein the average is a weighted average. 



18. (original) The invention ofl claim 1, wherein the nonlinear signal estimation processing 
treats each set of input values for the proces sed audio signals independently. 

19. (original) The invention o| claim 1, wherein the nonlinear signal estimation processing 
is based on multiple values from each processed audio signal over a period of time. 



20. (original) The invention o: 



claim 19, wherein the nonlinear signal estimation processing 



comprises the step of applying temporal fillering to the input values of each processed audio signal 

2 1 . (original) The invention oi claim 20, wherein the nonlinear signal estimation processing 
further comprises the steps of generating a distance measure between pairs of audio signals and 
generating the output signal from the one oi more audio signals having the smallest distance measures 
with other audio signals. 

22. (currently amended) A mac hine-readable medium, having encoded thereon program 
code, wherein, when the program code is ex jcuted by a machine, the machine implements a method for 
processing audio signals generated by an amy of two or more microphones, comprising the steps of: 

(a) filtering the audio signal fro n each microphone to generate a processed audio signal for 
each microphone; and 

(b) combining the processed auc io signals in a nonlinear manner to form an acoustic beam 
that focuses the array on one or more desired regions in space[[; and (b)]] by performing nonlinear signal 
estimation processing on the processed audio signals from the microphones to generate an output signal 
for the array, wherein the nonlinear signal estimation processing discriminates against noise originating 
at an unknown location outside of the one or more desired regions. 
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23. (new) A method for processing audio signals generated by an array of two or more 
microphones, comprising the steps of: / 

(a) filtering the audio signal from each microphone to generate a processed audio signal for 
each microphone and combining the processed audio signals to form an acoustic beam that focuses the 
array on one or more regions in space; and / 

(b) performing nonlinear signal estimation processing on the processed audio signals from 
the microphones to generate an output signal for tpe array, wherein the nonlinear signal estimation 



processing discriminates against noise originating 
desired regions, wherein step (a) comprises the st 



at an unknown location outside of the one or more 
jp of applying a digital filter corresponding to the 



inverse of each transfer function from a desired fpcal point to each microphone to compensate for 
reverberation in a volume containing the array. 



ludio signals generated by an array of two or more 



ch microphone to generate a processed audio signal for 
idio signals to form an acoustic beam that focuses the 



24. (new) A method for processing 
microphones, comprising the steps of: 

(a) filtering the audio signal from e^( 
each microphone and combining the processed a 
array on one or more regions in space; and 

(b) performing nonlinear signal estimation processing on the processed audio signals from 
the microphones to generate an output signal for the array, wherein the nonlinear signal estimation 
processing discriminates against noise originatin i at an unknown location outside of the one or more 
desired regions, wherein the output signal is proc essed in a feedback loop to generate control signals that 
adjust the nonlinear signal estimation processing of step (b). 

*-r - . 1 

25. (new)KOLe invention of claim z4, wherein the control signals adjust weights applied to 
the processed audio signals during the nonlinear signal estimation processing of step (b). 



26. (new) The invention of claim 25 
based on a ratio of power in a speech band to pc wer 
signal. 



27. (new) The invenfion of claim 
feedback loop to generate other control signals 
each of the processed audio signals. 



, wherein a weight for each processed audio signal is 
outside the speech band for the processed audio 



24, wherein the output signal is processed in another 
that adjust the filtering of step (a) to attempt to match 



audio signals generated by an array of two or more 



28. (new) A method for processing 
microphones, comprising the steps of: 

(a) filtering the audio signal from edch microphone to generate a processed audio signal for 
each microphone and combining the processed a|dio signals to form an acoustic beam that focuses the 
array on one or more regions in space; and 

(b) performing nonlinear signal estirhation processing on the processed audio signals from 
the microphones to generate an output signal for ihe array, wherein the nonlinear signal estimation 
processing discriminates against noise originating at an unknown location outside of the one or more 
desired regions, wherein the output signal is processed in a feedback loop to generate control signals that 
adjust the filtering of step (a). 

29. (new) A method for processing ajidio signals generated by an array of two or more 
microphones, comprising the steps of: 



(a) filtering the audio signal from eac 



microphone to generate a processed audio signal for 



each microphone and combining the processed audjo signals to form an acoustic beam that focuses the 
array on one or more regions in space; and 
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(b) performing nonlinear signal estimation processing on the processed audio signals from 
the microphones to generate an output signal for the array/ wherein the nonlinear signal estimation 
processing discriminates against noise originating at an uftknown location outside of the one or more 
desired regions, wherein the filtering of step (a) is dynamically adjusted to attempt to match each of the 
processed audio signals in amplitude and phase to each 6ther and to the output signal. 

30. (new) A method for processing audio Signals generated by an array of two or more 
microphones, comprising the steps of: 

(a) filtering the audio signal from each raficrophone to generate a processed audio signal for 



signals to form an acoustic beam that focuses the 



each microphone and combining the processed audio 
array on one or more regions in space; and 

(b) performing nonlinear signal estimation processing on the processed audio signals from 



the microphones to generate an output signal for the 
processing discriminates against noise originating ai 



array, wherein the nonlinear signal estimation 
an unknown location outside of the one or more 



desired regions, wherein the nonlinear signal estima :ion processing picks a representative, central value 



from the processed audio signals, by altering at leas 
audio signals 



one extreme value from at least one of the processed 



3 1 . (new) The invention of claim 30, wherein the nonlinear signal estimation processing 
comprises the step of selecting the representative, ct ntral value as a median of the processed audio 
signals. 

32. (new) The invention of claim 30, vteein the nonlinear signal estimation processing 
comprises the steps of: 

(1) adjusting the magnitude of one or rjiore of at least one of the highest and lowest values of 
the processed audio signals to generate a set of adji sted audio signals; and 



signals. 



(2) selecting the representative, centra 



value as a median or average of the adjusted audio 



33. (new) The invention of claim 13, jvherein: 
step (1) comprises the steps of: 

(i) adjusting the value of the h highest values down to match the (/i-i-l)* highest data 
value, where « is a non-negative integer; and 

(ii) adjusting the value of the ^ lowest values up to match the (m+l)^ lowest data 
value, where am is a non-negative integer; and 

step (2) comprises the step of selecting the 
processed audio signals. 



representative, central value as an average of the 



34. (new) The invention of claim 33, \^herein the average is a weighted average. 

35. (new) The invention of claim 30, v toein the nonlinear signal estimation processing 
comprises the steps of 

( 1 ) dropping one or more of the highes 
generate a set of adjusted audio signals; and 

(2) selecting the representative, central 



and lowest values of the processed audio signals to 
value as an average of the adjusted audio signals. 
36. (new) The invention of claim 35, w [lerein the average is a weighted average. 



37. (new) A method for processing aud|o signals generated by an array of two or more 
microphones, comprising the steps of 
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(a) filtering the audio signal from each micjfophone to generate a processed audio signal for 
each microphone and combining the processed audio signals to form an acoustic beam that focuses the 
array on one or more regions in space; and / 

(b) performing nonlinear signal estimation processing on the processed audio signals from 
the microphones to generate an output signal for the array, wherein the nonlinear signal estimation 
processing discriminates against noise originating ajfan unknown location outside of the one or more 
desired regions, wherein: / 

the nonlinear signal estimation processing is based on multiple values from each 
processed audio signal over a period of time; and / 

the nonlinear signal estimation prdcessing comprises the step of applying temporal 
filtering to the input values of each processed audio signal. 



Q^^^^ further comprises the steps of generating a distan< ;e measure between pairs of audio signals^and 



38. (new) The invention of claim 37 



generating the output signal from the one or more 
with other audio signals 



wherein the nonlinear signal estimation processing 



audio signals having the smallest distance measures 
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